HF sky wave transmissions undergo multipath fading due to propagation through the ionospheric layers. The HF channel is time varying and can be modeled by a tapped delay line of independent complex fading processes each exhibiting correlated fading characteristics specified in the ITU-R recommendation (1). A practical configuration for a turbo equalizer to combat the effects of Inter Symbol Interference (ISI) in the HF channel, consisting of a soft decision feedback equalizer (SDFE), an interference canceller and a turbo decoder, all being SISO (Soft In Soft Out) processes, is presented. The tap coefficients of the interference canceller filters are updated at each iteration with extrinsic information from the previous decoding operation.
INTRODUCTION
The time delay spread of the HF channel causes frequency selective fading whereas the time rate of change of the individual fading processes affects the rate of change of the channel frequency response. The resulting IS1 represents a significant challenge to radio communication over the HF channel. With the frequency selectivity of the channel even affecting the 3kHz bandwidth transmissions, traditional methods of mitigating the effects of this multipath fading have been to use multiple carrier modulation within the band or to use single carrier modulation and adaptive equalization. This paper will focus on the use of single carrier modulation using Turbo Equalization and Decoding to counteract the effect of the HF channel on the transmitted signal at the receiver. The concept of Turbo Equalization, with a maximum likelihood (ML) receiver, was suggested by Douillard et aL(2). In time-dispersive channels where IS1 spans many symbols, probabilistic algorithms like the optimum ML turbo equalizer are impractical due to the exponential increase in computational complexity with increasing IS1 span of the channel. In this paper, a suboptimum turbo equalizer comprised of an SDFE incorporating the soft slicer from Balakrishnan er aL(3) for the first iteration and the interference canceller suggested by Fijalkow et d ( 4 ) for the remaining iterations is investigated.
The paper will demonstrate the effectiveness of combined turbo equalization and decoding of HF channels and re-' sults will he given for a variety of channel conditions as specified in the ITU-R recommendation (5).
HF CHANNEL

Characterization
Sky wave signals propagating through the HF channel suffer time and frequency dispersion due to movement and scattering induced by the ionospheric layers. The HF channel is then said to be a multipath-fading channel. The time dispersion induced by the channel is characterized by the differential time delay between the multipath components and the frequency dispersion of each component is characterized by the Doppler spread. Since the multipath components of the received signal can be said to have traversed different paths, the fading exhibited by each multipath component is assumed to be independent, with the independent fading component having its own Doppler spread.
Modeling
For the purposes of simulation, a Watterson ionospheric scatter model ( I ) approximates the HF channel. Modeled in the discrete time domain, the HF channel can be simulated by means of a tapped delay line, as shown in Fig. I , of complex fading processes Gi, each exhibiting complex Rayleigh fading with a Gaussian-shaped Doppler spectNm.
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Fig. 1: HF Channel Model
The signal leaving the transmitter is convolved with the complex impulse response, the fading rate of which is adjusted by means of time domain interpolation. Different Doppler shifts can be achieved for each fading tap by rotating the complex tap output vector prior to multiplication with the incoming signal. A double Gaussian Doppler spread is sometimes required to simulate some channel conditions; this can be accomplished by the superposition of two Gaussian fading processes at the same tap position.
In this paper, three channel conditions, as specified in (3, with their characteristics listed in Table 1 , are implemented. Each channel comprises two multipath components. 
TURBO EQUALIZATION
The soft output equalizer block represents a SDFE for the first iteration and an interference canceller for all remaining itdrations. The flow of information between iterations (serial operation) of the combined equalization and decoding process is shown in Fig. 2 .
The following symbol streams are used in Fig. 2 
SDFE
The transmitted symbols do undergo fading and IS1 in the channel, with impulse response ho at sampling instant n. Thus, the channel can be modeled as a transversal filter with impulse response h". Fig. 3 illustrates the channel (multiplicative fading and additive Gaussian noise) and the front end of the receiver. The symbols are affected individually and independently by Additive White Gaussian Noise (AWGN) w , .
The matched filter effectuates digital amplitude gain control and optimal noise suppression, prior to equalization. Equalization is performed on the samples taken from the matched filter output by the transversal feedforward filter and the decision feedback filter. A soft slicer (3) replaces the classical threshold detector, which outputs only hard decisions.
I F % : The feedforward filter combines the function of a whitening filter and a precursor equalizer. The whitening filter overcomes the spreading of the IS1 caused by matched filtering and the colouring of the AWGN by time-variant power. Since a finite length feedforward filter cannot cancel non-causal precursor IS1 completely, the SDFE filter coefficients should be optimised according to the Mean Squared Error (MSE) criterion whereby the composite noise power resulting from residual IS1 and additive noise is minimized. The feedback filter removes post-cursor interference by using knowledge of decisions on past symbols.
Soft slicer'. The integrity of decision feedback equalization depends on the slicer decisions being correct, because feedback may cause propagation of an incorrect decision or error. This potential for error propagation is the most serious drawback of the classical DFE.
The soft slicer is optimised by minimizing the MSE cost function defined at the input of the slicer. If D(.) defines the inputloutput relation of the soft decision device, the function can be optimised by the MSE between the equalizer output and slicer output as shown in equation 1. The MSE optimised SDFE is near optimal even under a minimum BER criterion.
3EP filter
Fig. 4: Interference Canceller
The matched filter coefficients mj,", for L causal and anticausal IS1 terms are a normalized function of the time- 
Interference Canceller
The interference canceller, as its name implies, attempts to remove the effects of IS1 on the received symbol stream that have not been removed by the SDFE and interference cancellers from previous iterations. Equalization, as shown in Fig. 4 , is performed by subtracting from the matched filter output the estimated ISI, both from pre-and post-cursor symbols. The impulse response of the extrinsic filter attempts to reproduce the combined impulse response of the channel and the matched filter.
The equalizer output can be summarized by equation 5.
Derivation of metria for tap coefficient update. The noisy channel output may be expressed as in equation 6.
When the expression for Rn in equation 6 is replaced in equation 5, the equalizer output can be simplified to equation l.
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The equali.zer output is equivalent to the sum of the transmitted symbol.' and a non-white but still Gaussian noise term. This noise term is the error made by the equalizer in estimating the transmitted symbol. Hence, the noise variance may he a function of the error between the equalizer output and the decoder decision. The noise variance of a frame .with N symbols can be estimated from the variance of the difference between the equalizer output c, and decoder hard decisions U, , as shown in equation 
At the first iteration of the turbo equalizer, the symbol variance is initialised to 1 and the noise variance initialised with the white noise variance determined by the channel estimator.
MEAN SYMBOL ESTIMATION
The decoder, which uses the max-log MAP algorithm described by Hagenauer ( 
From log-likelihood algebra, the extrinsic log likelihood can he defined in terms of the probabilities of the extrinsic information for a binary signaling scheme, as shown in equation 11.
Since the sum of these two probabilities is one, the 
SIMULATION RESULTS
The Bit Error Rate (BER) performance of the turbo equalizer is determined for the HF channel conditions described in Table 1 . It is assumed, in the following simulations, that the channel characteristics of all three channels are known perfectly at the receiver, i.e. the output of the channel estimator is 100% accurate.
The turbo decoder decodes, using the max-log MAP algorithm, two standard parallel concatenated recursive systematic convolutional codes, with constraint length 4, rate 0.5 and interleaver size 330. The overall packet size, including turbo code termination bits, for this 113 rate turbo code is thus 1000. A BPSK modulator is used. The performance plots show that there is not much improvement in performance between the first and second iterations because the SDFE updates its coefficients with the perfectly known channel impulse response and produces optimum results.
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/ . Eb/No (de) I +Channel I +Channel I1 +Channel I11 I It has been shown that a practical low-complexity equalizer can he successfully implemented in turbo systems with the exchange of soft information between a soft decision feedback equalizer and turbo decoder, and between iterations.
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